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AUDIO SIGNAL PROCESSING 



Technical Field 

The present invention relates generally to audio signal processing. More 
5 particularly, it pertains to inhibiting undesired feedback signals in sound systems. 



Background Information 
Sound systems can be broken down into three general components: an 
input device, such as a microphone; a processing system; and an output device, 

10 such as a speaker. Sounds are picked up by the microphone, transmitted to the 
processing system where they are processed, and then projected by the speaker so 
the sounds can be heard at an appropriate distance. Both the microphone and the 
speaker are generally considered to be transducers. 

A transducer is a device that transforms one form of energy to another 

15 form of energy. In the case of a microphone, sound energy, which can be 
detected by the human ear in the range of 20 Hertz to 20,000 Hertz, is 
transformed into electrical energy in the form of an electrical signal. The 
electrical signal can then be processed by a processing system. After the signal is 
processed including amplification, the speaker transforms the electrical energy in 

20 the electrical signal to sound energy again. 

This sound energy from the speaker (or a portion of this sound energy) 
may in turn be picked up by the microphone, and returned to the sound system. 
This is known as feedback, and in particular acoustic feedback. The presence of 
acoustic feedback may preclude the useful operation of hearing aids and other such 

25 sound systems (i.e., those with sound-sensing and sound-producing transducers). 
Even if the level of the feedback is sufficiently low, it may distort the production 
of sound at the speaker. At another level, the feedback may cause ringing effects 
that tend to reduce the intelligibility of speech. At high levels of feedback, a high- 
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pitched squealing tone can be heard that dominates and excludes all other desired 
sounds produced by the sound system. 

These effects are frustrating to users of sound systems in general, but are 
particularly debilitating for users of hearing aids since these users depend upon 

5 such aids to maintain their ability to communicate. 

Several methods have been tried to eliminate unstable feedback. These 
include: 1) reducing the system's gain at and around the frequency of the 
feedback; 2) varying the phase of the system; and 3) using a filter to eliminate the 
feedback signal. The first method is undesirable; since feedback may occur at 

10 several or variable frequencies, the method requires a burdensome number of 
filters to isolate frequency regions of the feedback; in certain instances, the 
method yields audible artifacts in the output. The second method is also 
undesirable; phase shifting to eliminate feedback at one frequency is likely to 
produce feedback at a different, previously stable, frequency; this method also 

15 may produce audible processing artifacts. The third method represents a more 
desirable approach. However, many of the current implementations of the third 
method add other problems of their own. 

In the third method, because of the variations in the feedback path over 
time, the filter itself should be sensitive to feedback variations. Filters used in 

20 hearing aids, for example, must be sensitive to mouth movements, use of a 
telephone, etc. Sensitivity of the filter can be adjusted by using three current 
different implementations: 1) by interrupting and injecting a signal into the 
feedback path as in U.S. Patent No. 4,783,818; 2) by injecting a noise signal to 
accommodate changes in the acoustic coupling as in U.S. Patent No. 5,259,033; 

25 and 3) by relying on ambient signals as in U.S. Patent No. 5,402,496. The first 
implementation adds audible and annoying sounds to the listener. The second 
implementation requires a long duration for providing the filter with needed 
information, and thus exposing the listener to a longer duration of unstable 
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feedback. The third implementation can be corrupted by persistent correlations in 
the ambient signals. These correlations limit the ability of the filter to cleanly and 
effectively inhibit feedback. 

Thus, what is needed are systems, devices, and methods to inhibit 
5 undesired feedback in sound systems. 

Summary 

The above-mentioned problems with feedback in audio signal processing as 
well as other problems are addressed by the present invention and will be 
understood by reading and studying the following specification. Systems, devices, 
and methods are described which inhibit undesired feedback. 

One illustrative embodiment includes a method of processing audio signals. 
The method comprises inhibiting at least one feedback component of an input 
audio signal by adjusting a feedback-inhibiting filter through a narrowband high 
signal-to-noise subaudible probe signal. 

One illustrative embodiment includes a method of processing at least one 
audio signal that comprises filtering a processed signal by a notch filter to form a 
filtered signal. The method further comprises sending a subaudible narrowband 
signal having a first bandwidth into the filtered signal to form a probe signal to 
probe a feedback path having a second bandwidth. 

One illustrative embodiment includes a system for enhancing audio signals. 
The system comprises at least one detector to detect undesired feedback in an 
input audio signal; at least one notch filter to filter a processed signal, wherein the 
notch filter provides a filtered signal; and at least one probe generator to generate 
a probe signal to probe a feedback path. 

One illustrative embodiment includes a probe generator to generate a probe 
signal to probe a feedback path. The probe generator is receptive to a feedback 
indicator parameter. The probe generator comprises an amplitude indicator to 
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indicate an amplitude level of the probe signal. The amplitude indicator provides 
an amplitude signal. The probe generator also comprises a frequency indicator to 
indicate a frequency of the probe signal. The frequency indicator provides a 
frequency signal. In one embodiment, the frequency signal is a value. The probe 
generator further comprises a signal generator that is receptive to the amplitude 
signal and the frequency signal to generate the probe signal. 

One illustrative embodiment includes a method of generating a probe 
signal. The method comprises generating an amplitude signal that is indicative of 
an amplitude level of the probe signal, generating a frequency signal that is 
indicative of a frequency of the probe signal, and generating a signal that is based 
on the amplitude signal and the frequency signal. 

One illustrative embodiment includes a filter adjuster to adjust a filter by 
providing a set of filter coefficients. The filter adjuster comprises a modeler 
receptive to a feedback indicator parameter, an input signal, and an output signal 
to model at least one proposed response of a feedback path when the feedback path 
is probed with a probe signal at a predetermined frequency. The modeler provides 
at least one sample that is representative of the at least one response of the 
feedback path. The filter adjuster further comprises a discrete-Fourier- 
transformer, such as an inverse fast-Fourier-transformer, to transform the at least 
one sample to obtain at least one filter coefficient. 

One illustrative embodiment includes a method to adjust a filter by 
providing a set of filter coefficients. The method comprises modeling at least one 
response of a feedback path to provide at least one sample that is indicative of at 
least one response of the feedback path, and transforming at least one sample by 
using a discrete-Fourier-transform, such as an inverse fast-Fourier-transform, to 
obtain at least one filter coefficient. 

These and other embodiments, aspects, advantages, and features of the 
present invention will be set forth in part in the description which follows, and in 
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part will become apparent to those skilled in the art by reference to the following 
description of the invention and drawings or by practice of the invention. The 
aspects, advantages, and features of the invention are realized and attained by 
means of the instrumentalities, procedures, and combinations particularly pointed 
out in the appended claims. 

Brief Description of the Drawings 
Figure 1 is a block diagram illustrating a system in accordance with one 
embodiment. 

Figure 2 is a process diagram illustrating a method in accordance with one 
embodiment. 

Figure 3 is a block diagram illustrating a detector in accordance with one 
embodiment. 

Figure 4 is a process diagram illustrating a method in accordance with one 
embodiment. 

Figure 5 is a block diagram illustrating a probe generator in accordance 
with one embodiment. 

Figure 6 is a process diagram illustrating a method in accordance with one 
embodiment. 

Figure 7 is a block diagram illustrating a filter adjuster in accordance with 
one embodiment. 

Figure 8 is a process diagram illustrating a method in accordance with one 
embodiment. 

Detailed Description 
In the following detailed description of the invention, reference is made to 
the accompanying drawings that form a part hereof, and in which are shown, by 
way of illustration, specific embodiments in which the invention may be practiced. 
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In the drawings, like numerals describe substantially similar components 
throughout the several views. These embodiments are described in sufficient 
detail to enable those skilled in the art to practice the invention. Other 
embodiments may be utilized and structural, logical, and electrical changes may be 
made without departing from the scope of the present invention. 

The embodiments described herein focus on adjusting a filter used to 
compensate for undesired feedback, such as acoustic feedback or mechanical 
feedback, in sound systems that include certain configurations of sound-sensing 
and sound-producing transducers, such as microphone and speaker. An ear- worn 
hearing aid is an example of such sound systems. 

The embodiments include a method of adjusting a feedback-inhibiting filter 
through the use of a probe signal that is subaudible to the system user and has a 
relatively high signal-to-noise ratio (SNR), allowing accurate and rapid filter 
updating. In one embodiment, the term subaudible is understood to mean the 
inability of the human ear to detect the probe signal. In another embodiment, the 
term subaudible is understood to mean the inclusion of an insubstantial level of the 
probe signal that may be detected by the human ear. The method sends a 
subaudible narrowband probe signal, which is centered on the undesired feedback 
component, while selectively, simultaneously, and temporarily placing a notch 
filter, which is also centered on the undesired feedback component, in the system's 
signal path. The term narrowband is understood to mean the inclusion of a limited 
range of frequencies. The feedback-inhibiting filter is adjusted by comparing the 
system output signal and the signal picked up at a sound-producing transducer, 
such as a microphone. Once the feedback-inhibiting filter is updated, the function 
of the notch filter may be selectively bypassed. 

The embodiments use an audibility model to determine the sensation level 
of the probe signal. The term "sensation level" is understood to mean the 
inclusion of a level of a sound signal relative to a level that can be detected by a 
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listener in the context of the current environmental signals as transduced through 
the sound system. Audibility criteria have found usage in low-bit-rate coding 
schemes, as in U.S. Patent No. 5,706,392, and have also found usage in other 
signal-processing fields, as in Nathalie Virag, Single Channel Speech 

5 Enhancement Based on Masking Properties of the Human Auditory System . IEEE 
Transactions on Speech and Audio Processing, 7:2, p. 126-137 (1999). In one 
embodiment described herein, once the level of the audibility criterion is 
established, the level of the probe signal is adjusted such that it is at or below the 
audibility criterion level. In another embodiment, adjusting the level of the probe 

10 signal can be as simple as making it a constant fraction of a level in a bandpass 
region centered just below the probe region. The probe signal is a narrowband 
signal that is sent into the feedback path to derive information about the feedback 
path. Using the constant fraction would be beneficial since it may greatly simplify 
the computations involved. 

15 In one embodiment, the reason for placing the level of the probe signal a 

fraction of a level in the bandpass region centered just below the probe region is to 
determine with greater precision regarding the sensation level. The energy in the 
region just below the probe frequency may be highly correlated with the sensation 
level. That energy is the information the audibility model may need to determine 

20 the level of the probe signal. If the bandpass region is too far away from the 
probe region, weaker correlation may occur, and determination of the sensation 
level may be erroneous. If the bandpass region is centered upon the probe 
frequency, then the probe energy may return from the feedback path to establish 
another undesired feedback loop. 

25 The narrowband technique as described in the embodiments herein has 

several advantages over existing implementations. Since the probe is narrowband, 
it may be easily masked by wider-bandwidth environmental signals while retaining 
a relatively high within-band signal-to-noise ratio. In one embodiment, this is due 
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in part to the presence of the notch filter. In another embodiment, by temporarily 
blocking out only a narrowband, such as by using the notch filter, of a wideband 
signal, the technique maintains information transmission with no degradation; 
unlike other implementations, such blocking is also subaudible to the listener. In 

5 yet another embodiment, by placing the notch filter at the frequency of the 

undesired feedback, the technique eliminates the undesired feedback and increases 
the signal-to-noise ratio of the probe signal. In a further embodiment, by using a 
sent signal, the technique overcomes the correlation problems caused by relying 
on ambient signals as probe signals. 

10 Figure 1 is a block diagram of a system in accordance with one 

embodiment. The system 100 includes an input audio signal 102 that may have 
been generated from a transducer, such as a microphone, or previous signal 
processing stages. The input audio signal 102 may also contain at least one 
feedback component due to the feedback path 130. 

15 The input audio signal 102 is presented to a combiner 128. At the 

combiner 128, the input audio signal 102 is combined with a filtered signal 126 to 
provide a combined signal. This combined signal is presented to a primary signal 
processor 112. The primary signal processor 112 provides primary signal 
processing for the system 100. In one embodiment, the primary signal processor 

20 112 provides compressive amplification. The primary signal processor 112 
processes the combined signal and presents a processed signal to a feedback 
compensation system 104 and a delay 132. The processed signal is optionally 
delayed by a delay 132 to provide a delayed processed signal. The delay 132 
compensates for the delay in generating a probe signal so that a high amplitude 

25 level of the probe signal may be used. The processed signal may contain at least 
one feedback component that is present in the input audio signal 102. The delayed 
processed signal is presented to the switch 114. In one embodiment, the term 
"switch" means the inclusion of a software switch implemented in a digital signal 
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processor. 

The input signal 102 is also presented to the feedback compensation system 
104. The input audio signal 102 is presented to a detector 106 of the feedback 
compensation system 104. The detector 106 detects the presence of at least one 
5 undesired feedback component of the input audio signal 102. The detector 106 
controls at least two aspects of probing the feedback path 130: The detector 
determines when the feedback path 130 will be probed and it determines a range of 
frequencies where the feedback path 130 will be probed. The detector 106 issues 
a feedback indicator parameter signal to a notch filter 108, a probe generator 110, 
10 and a filter adjuster 124. 

The notch filter 108 is receptive of the feedback indicator parameter signal 
f3 from the detector 106 and the delayed processed signal from the delay 132. In one 

embodiment, the notch filter 108 is configured to have a bandwidth that is 

v3 centered upon the bandwidth of at least one undesired feedback component of the 

W 

s g 15 processed signal. In another embodiment, the notch filter is an infinite impulse 
I s ;! response filter. In yet another embodiment, the greater the notch filter attenuates 

1 : the processed signal, the better the signal-to-noise ratio of the probe signal. The 

O 

v3 notch filter provides a notch filter signal to a combiner 116. 

^ The probe generator 110 is receptive of the feedback indicator parameter 

20 signal from the detector 106 and the processed signal from the primary signal 

processor 112. The probe generator 110 is configured to have a bandwidth that is 
centered upon the bandwidth of undesired feedback component of the processed 
signal. The probe generator 110 generates a probe signal to probe the feedback 
path 130 and presents it to the combiner 116. 
25 The combiner 1 16 combines the notch filter signal from the notch filter 108 

and the probe signal from the probe generator 110 and presents the combined 
signal to the switch 114. When the system is not probing the feedback path 130, 
the switch 114 outputs the delayed processed signal from the delay 132 as output 
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signal 118. When the system is configured to probe the feedback path 130, the 
switch 114 is receptive to the combined signal from the combiner 116. The switch 
114 presents the combined signal as the output signal 118. The output signal is 
returned to the feedback compensation system 104 by way of an internal feedback 

5 path 120. An internal feedback signal in the internal feedback path 120 is 

optionally delayed by a delay 122 to form a delayed internal feedback signal. This 
signal is presented to a filter adjuster 124 and an inhibiting filter 134. 

The filter adjuster 124 is receptive to three signals: the feedback indicator 
parameter signal from the detector 106, the input audio signal 102, and the 

10 delayed internal feedback signal. In one embodiment, the filter adjuster 124 
calculates at least one filter coefficient to adjust the inhibiting filter 134. In 
another embodiment, it calculates a set of filter coefficients. These coefficients 
are generated by comparing the input audio signal 102 and the delayed internal 
feedback signal to determine the amplitude and phase responses of the feedback 

15 path 130 at a selected probe frequency. After such calculation, the filter adjuster 
124 presents the coefficients to the inhibiting filter 134. 

The inhibiting filter 134 is receptive to the delayed internal feedback signal 
and the coefficients from the filter adjuster 124. It generates a filtered signal 126 
that is representative of the undesired feedback component of the input signal 102 

20 and presents such signal to the combiner 128. In one embodiment, the inhibiting 
filter 134 produces the filtered signal 126 by approximating the response of the 
feedback path 130. 

The combiner 128 subtracts such undesired feedback components from the 
input signal 102 so as to inhibit undesired feedback from affecting the sound 
25 quality of the system 100. 

In one embodiment, the feedback compensation system 104 can compensate 
for multiple undesired feedback components contemporaneously. Such 
compensation can be carried out by the following technique: The detector 106 
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produces a plurality of feedback indicator parameters. The notch filter 108 
receptive to the plurality of feedback indicator parameters filters a plurality of 
regions in the optionally delayed processed signal to provide a filtered signal. The 
probe generator 110 also receptive to the plurality of feedback indicator 

5 parameters generates multiple probe signals that are combined together to provide 
a combined probe signal. The combiner 116 combines the filtered signal and the 
combined probe signal, and this combined signal is presented at the switch 114 to 
become the output signal 118. The filter adjuster 124 is receptive to the plurality 
of feedback indicator parameters among other signals as described heretofore. 

10 The inhibiting filter 134 is receptive of the output of the filter adjuster 124 and 
produces a filtered signal 126. This filtered signal 126 is presented to the 
combiner 128 to inhibit at least one undesired feedback component in the system 
100. 

In one embodiment, the implementation of the compensation described 
15 heretofore includes using multiple detectors 106 in a parallel fashion; multiple 
notch filters 108 in a series fashion; and multiple probe generators 110 in a 
parallel fashion. 

Figure 2 is a process diagram of a method in accordance with one 
embodiment. The process 200 begins at block 202 by filtering a processed signal 

20 from a primary signal processor using a notch filter to form a filtered signal. Next 
at block 204, the process sends a subaudible narrowband signal as a probe signal 
into a feedback path. The bandwidth of the probe signal is designed to center on 
the bandwidth of the undesired feedback component of the feedback path. At 
block 206, the process compares the probe signal to an input audio signal to 

25 approximate the behavior of the feedback path. Such comparison yields a set of 
coefficients. These coefficients are used at block 208 to adjust selectively a 
feedback-inhibiting filter so as to inhibit at least one audio artifact associated with 
the feedback path in a sound system. Optionally, at block 210, the notch filter is 
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turned off after the inhibiting filter has been adjusted. 

Figure 3 is a block diagram of a detector in accordance with one 
embodiment. The detector 300 determines the presence of undesired feedback and 
a range of feedback frequencies. If no undesired feedback is detected, the detector 

5 300 either sequences through pre-selected probe frequencies or refrains 

temporarily from further probing. The detector 300 is receptive of an input signal 
302. The input signal 302 is presented to a notch filter 308. The notch filter 308 
produces a tracking signal 318 and a filtered signal. The tracking signal 318 
tracks at least one feedback component in the input signal 302. In one 

10 embodiment, the tracking signal 318 is indicative of the frequency of the undesired 
feedback component in the sound system. In another embodiment, the tracking 
signal 318 tracks the highest energy sinusoidal component in the input signal 302. 
In one embodiment, the notch filter is an adaptive notch filter. In another 
embodiment, the notch filter is a second-order infinite impulse response filter. In 

15 another embodiment, the notch filter is a finite impulse response filter. In another 
embodiment, the notch filter is a wave-digital filter. Other filters may be used 
without departing from the scope of the present invention. 

The filtered signal is rectified, such as full-wave rectified, by the absolute 
block 310 and the lowpass filter 312. This rectified signal is presented at a 

20 combiner 314. The input signal 302 is also rectified, such as full-wave rectified, 
by the absolute block 304 and the lowpass filter 306. This rectified signal is also 
presented at the combiner 314. In another embodiment, full-wave rectification can 
be accomplished by using a squaring technique. Other rectification techniques, 
including full-wave or half-wave rectification, can be used without departing from 

25 the scope of the present invention. 

The combiner 314 produces a difference signal 316 from the two rectified 
signals. The presence of undesired feedback is detected when the level of the 
difference signal 316 is at a predetermined proportion with respect to the input 
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signal 302. If such presence of feedback is detected, the tracking signal 318 is 
indicative of the feedback frequency; the tracking signal is then set to the closest 
value available from a predetermined set of values representing a range of 
feedback frequencies. 

5 Figure 4 is a process diagram illustrating a method in accordance with one 

embodiment. The process 400 begins at block 402 by filtering an input audio 
signal with a notch filter to provide a filtered signal. Next at block 404, the 
process determines the level of the filtered signal by lowpass filtering the absolute 
value of the filtered signal to provide a first rectified signal. At block 406, the 

10 process determines the level of the input audio signal by lowpass filtering the 
absolute value of the input audio signal to provide a second rectified signal. At 
block 408, the process compares the first and second rectified signals to determine 
if the difference between the two rectified signals is at a predetermined proportion 
with respect to the input audio signal. If the difference is at such a proportion, 

15 undesired feedback is present in the sound system. Optionally at block 410, the 
process sequences selectively through a predetermined set of frequencies where a 
feedback path can be probed if undesired feedback has not been found at a selected 
probed frequency. At block 412, the process sets a feedback parameter close to a 
predetermined set of values so as to indicate that undesired feedback is present at a 

20 certain range of frequencies. 

Figure 5 is a block diagram illustrating a probe generator in accordance 
with one embodiment. The purpose of the probe generator 500 is to generate a 
probe signal to probe a feedback path. In one embodiment, the probe signal is a 
sinusoidal signal with a predetermined frequency as described herein. In another 

25 embodiment, the probe signal is a narrowband noise signal. The probe generator 
500 is receptive to a processed signal 503. This processed signal 503 is an input 
audio signal that has been processed by the sound system, such as for 
amplification. In one embodiment, the processed signal 503 includes an 
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environmental context of at least one listener. 

The amplitude indicator 508 processes the processed signal 503 and sets an 
amplitude level of the probe signal. The processed signal 503 is filtered by a 
bandpass filter 510. In one embodiment, the bandpass filter is about 150 Hertz 

5 wide. In another embodiment, the bandpass filter response is centered just below 
the response of the notch filter 108 of figure 1. Next, the filtered signal is 
rectified, such as full-wave rectified, by the absolute block 512 and the lowpass 
filter 514. The rectified signal is then modulated by the multiplier 518 with an 
empirical constant 516 to provide an amplitude signal. In one embodiment, this 

10 amplitude signal has a level that is about 0 to -3 dB relative to the level of the 
filtered signal of the bandpass filter 510. In one embodiment, the empirical 
constant is about 0.71 to 1.0. In one embodiment, the bandpass filter is selected 
with a predetermined frequency response to attenuate the amplitude level of the 
probe signal so as to inhibit at least one undesired feedback component that is 

15 initiated by the probe signal. 

The probe generator 500 is also receptive to a feedback parameter signal 
520. The feedback parameter 520 is fed into a frequency indicator 522 to set a 
frequency of the probe signal. The frequency indicator 522 emulates a function: 
(f s * acos(a/2))/27r). f s is the sampling frequency of the sound system that the 

20 probe generator is a part of. a is the feedback parameter 520. acos is the inverse 
cosine function. 

The output of the amplitude indicator 508 and the frequency indicator 522 
are fed into a signal generator 524. The signal generator 524 produces a probe 
signal at a certain amplitude level and frequency that are determined by the output 
25 of the amplitude indicator 508 and the output of the frequency indicator 522. In 
one embodiment, the signal generator 524 produces a sinusoidal signal. In another 
embodiment, the signal generator 524 produces a narrowband noise signal. 

Figure 6 is a process diagram illustrating a method in accordance with one 
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embodiment. The process 600 begins by generating an amplitude signal that is 
indicative of an amplitude level of the probe signal. The generation of the 
amplitude signal begins by filtering the processed signal with a bandpass filter at 
block 606. The filtered signal is then rectified at block 608. Subsequently, the 
5 rectified signal is multiplied by an empirical constant to provide the amplitude 
signal. 

Next, the process 600 generates the frequency signal that is indicative of 
the frequency of the probe signal. In one embodiment, the frequency signal is a 
constant value. The process begins at block 612 by dividing a feedback indicator 

10 parameter by two to provide a divided signal, taking the inverse cosine of the 
divided signal to provide an acos signal, multiplying the acos signal with the 
sampling rate of a sound system to provide a multiplied signal at block 614, and 
dividing the multiplied signal by 2ir to provide a frequency signal at block 616. 
Both the amplitude signal and the frequency signal are input into a signal generator 

15 to produce the probe signal. 

Figure 7 is a block diagram illustrating a filter adjuster in accordance with 
one embodiment. The filter adjuster 700 receives input signal 702, internal 
feedback signal 714, and feedback indicator parameter 704 and presents those 
signals to a modeler 706. The modeler 706 models at least one response of a 

20 feedback path when the feedback path is probed with a probe signal at a 

predetermined frequency. The modeler 706 provides at least one sample that is 
representative of at least a response of the feedback path to certain probed 
frequencies. 

The input signal 702 is presented to a Goertzel transformer 708 with the 
25 feedback indicator parameter 704. The Goertzel transformer 708 produces a 
complex signal having phase and amplitude components. In other word, the 
Goertzel transformer 708 produces the in-phase and quadrature component 
amplitudes of a signal at a given frequency. The frequencies at which the Goertzel 
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algorithm can be applied are integer multiples of a fraction of a sampling rate of 
the system. Thus, in one embodiment, the probe frequency may be one of these 
frequencies. The phase and amplitude components are separated at block 710. 
The phase component is input into a combiner 712 and the amplitude component is 

5 input into a divider 724. 

The internal feedback signal 714 is input into a Goertzel transformer 720 
along with the feedback indicator parameter 704. The Goertzel transformer 720 
produces a complex signal having phase and amplitude components. These two 
components are separated at block 722. The phase component is input into a 

10 combiner 712 and the amplitude component is input into a divider 724. 

The combiner 712 combines the two phase components to provide a 
difference signal Beta. The divider 724 divides the two amplitude components to 
provide a ratio signal Alpha. Each Beta and Alpha forms a sample that together 
with other samples may be representative of the frequency response of the 

15 feedback path. Each sample is stored in memory 726. Each sample is obtained by 
probing the feedback path at desired frequencies. In one embodiment, for a 
particular undesired feedback frequency, a plurality of samples are taken, and 
these samples are averaged to provide an average sample; the term "average" 
means the inclusion of separately averaging the Betas and separately averaging the 

20 Alphas; these averaged Betas and averaged Alphas form the average sample. 

In one embodiment, the filter adjuster 700 optionally performs a discrete- 
Fourier-transform, such as an inverse fast-Fourier-transform, on at least one of the 
samples stored in memory 726 to provide a vector signal 730. This vector signal 
730 contains a set of filter coefficients used to adjust an inhibiting filter, which 

25 operates in the time domain, to inhibit undesired feedback in a sound system. In 
another embodiment, the inhibiting filter uses at least one of the samples stored in 
memory 726 when the inhibiting filter is operated in the frequency domain. In 
another embodiment, the sound system may operate in both time and frequency 
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domains, so that both the samples stored in memory 726 and the vector signal 730 
are used. In another embodiment, the vector signal 730 may be windowed. In 
another embodiment, the filter coefficients are updated by adding separately 
weighted sines and cosines of a single frequency, where the weighting depends on 
5 the change in the Alpha and Beta for the single frequency. 

Figure 8 is a process diagram illustrating a method in accordance with one 
embodiment. The process 800 models at least one response of a feedback path to 
provide at least one sample. This sample is indicative of the response of the 
feedback path. This modeling technique begins at block 802 where a feedback 
10 indicator parameter and an input signal are transformed using a Goertzel 

transformer to provide a complex signal having a certain phase and a certain 
fj amplitude. At block 804, another Goertzel transformer is used to transform a 

^ feedback indicator parameter and a feedback signal to provide for another complex 

v3 signal. At block 806, the phases are subtracted to form a difference signal. At 

,p 15 block 808, the amplitudes are divided to form a ratio signal. The difference signal 
jjj and the ratio signal together form a sample, at block 810, that models at least a 

^ response of the feedback path. It is understood that the described process from 

%D blocks 802 to 810 may be iterated to form a set of samples. In one embodiment, 

H these samples are discrete-Fourier-transformed, such as inversely fast-Fourier- 

;^ 20 transformed, at block 812, to obtain a vector containing a set of coefficients to 
adjust an inhibiting filter to inhibit undesired feedback in a sound system; this 
vector can be used in systems that operate in the time domain. In another 
embodiment, the set of samples is used without being discrete-Fourier- 
transformed, such as inversely fast-Fourier-transformed; this set of samples can be 
25 used in systems that operate in the frequency domain. However, in another 
embodiment, both the vector and the set of samples can be used in systems that 
operate in both the time domain and the frequency domain. 
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Conclusion 

Thus, systems, devices, and methods have been described for inhibiting 
undesired feedback in audio processing systems. 

Although the specific embodiments have been illustrated and described 

5 herein, it will be appreciated by those of ordinary skill in the art that any 

arrangement which is calculated to achieve the same purpose may be substituted 
for the specific embodiment shown. This application is intended to cover any 
adaptations or variations of the present invention. It is to be understood that the 
above description is intended to be illustrative and not restrictive. Combinations 

10 of the above embodiments and other embodiments will be apparent to those of skill 
in the art upon reviewing the above description. The scope of the invention 
includes any other applications in which the above structures and fabrication 
methods are used. Accordingly, the scope of the invention should only be 
determined with reference to the appended claims, along with the full scope of 

15 equivalents to which such claims are entitled. 
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